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1 Introduction

1.1 This Document

This report completes the project entitled “Concept and Technology Exploration for Transparent Hearing
Systems”, funded by the US Air Force Research Laboratory at Wright-Patterson Air Force Base in
collaboration with Natick Soldier Systems of the US Army. The document outlines the project as planned
and details the project as executed. Given the importance and time criticality of determining a solution to
the problem addressed, the project team exploited knowledge gained during the project, redirecting the
plan as necessary to maximize exploration. This document outlines the goals of the project, provides an
overview of previous relevant work, discusses the work planned for the project, details the work and its
findings, and describes how a solution system could be integrated into a dismounted soldier’s personal
information system.

The intended audience for this document includes the project sponsors, the intermediate contract
managers, designated reviewers, and future helmet system designers. Additionally, the report authors
assume the document may be published to a wider audience. The designated reviewers may encompass
professionals in the fields of hearing, signal processing, sensors, warfighting equipment, hearing enhance-
ment/augmentation, and aural displays, who can give feedback and guidance to extensions of the project.

1.2 Motivation

Modern militaries are challenged to physically protect open-field personnel from a great variety of life
and effectiveness threats, including chemical, biological, laser, ballistic, and percussive weapons. Many
chemical and biological threats require covering all orifices, including the ears, to achieve minimal
protection. Additionally, warfighting involves operating in very close proximity to loud equipment, from
which the noise can degrade an individual’s auditory perception, and over time can degrade general
performance. Common hearing protection and occlusion isolates the warfighter from the environment,
deflating situational awareness, confidence, and effectiveness, thus putting the warfighter at high risk and
compromising his ability to detect and assess threats. Often, soldiers are so uncomfortable with the
isolation of hearing protection that they will choose to go without hearing protection and expose
themselves to painful and harmful noise, which can result in deafness and reduced effectiveness as
warfighters.

Even without specific hearing protection, headgear in general distorts the normal presentation of sound to
a human’s ears, reducing the effectiveness of these omni-directional, spatially discriminating sensors.
The challenge is to compensate for or minimize the negative acoustic effect of all headgear, and make
hearing protection a positive outfitting for the warfighter.

1.3 Problem Statement

To form a problem statement, a broader view of the soldier’s sense and use of hearing is here considered.
In many types of warfare, the situational awareness of the dismounted soldier is severely degraded by an
inability to hear and comprehend the acoustic environment. Three important classes of phenomena that
contribute to this inability are described briefly in below.

Attenuation and alteration of acoustic inputs caused by headgear

Head-borne sensors and protective equipment, collectively called “headgear”, is often employed to defend
against threats and augment the soldiers’ lethality and survivability. Often, this equipment covers the ears
as well as other body parts. Even when the ears are not covered, this equipment’s proximity to the head
and shoulders can distort the incoming acoustic signals. Protective equipment intended to defend against
acoustic threats, called hearing protection, causes severe attenuation as well as distortion. Distorted
signals lose their identifying characteristics, including positional information.

30 May 2003 rev(1.0)
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Masking of some acoustic signals by other acoustic signals

In many cases, the environment contains acoustic signals that are so intense that the warfighter cannot
hear other acoustic signals of importance (i.e., these other signals are “masked” by the intense signal).
For example, a crucial verbal command may be completely masked by the sound of a tank, helicopter,
machine gun, or explosion. Further, even if the verbal command is loud enough to be detected, the
maskers may prevent the command from being understood.

Inability to sense acoustic signals because of temporary or permanent deafness

The overall level of acoustic energy in the warfighter’s environment is often high enough to cause
substantial temporary hearing loss or, in some cases, permanent deafness. Even without considering the
acoustic effects resulting from enemy actions (bombs, specially designed acoustic weapons), the threat of
deafness is severe. For example, shoulder-fired weapons can result in sounds of 180 dB SPL at the
warfighter’s ears. Such sounds, even though short in duration, can significantly degrade one’s hearing
abilities.

Through the examination of all aural influences about the soldier, solutions should be considered that not
only deliver the acoustic environment with minimal distortion, but can also unmask positive signals,
augment hearing in cases of loss, and provide aural cues that improve the warfighter’s ability to localize
and identify acoustic sources and to detect weak ones.

1.4 Project Objectives

The project to explore the issues relating to the above stated problem was designed to focus on four
specific objectives:

1.4.1 Risk Reduction
The results of this proposed work should reduce technological risk for future related advanced
technology programs by
1) narrowing solution space for related projects,

2) creating a body of knowledge for reference,

3) proving the viability of a solution for a previously unsolved problem,
4) providing guidelines for the design of a near optimal solution, and

5) estimating application development and implementation costs.

1.4.2 Metrics and Evaluation for Technologies and Solutions
Metrics, methods of evaluation, and evaluations of a representative set of Transparent Hearing
solutions should provide immeasurable leverage for future related applications. A systems
engineering approach should be taken, keeping an eye on integration with other system elements
as well as to mechanical, processing, power, and weight constraints.

el e = . 30 May 2003 rev(1.0)
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With well-developed metrics for Transparent Hearing evaluation, future application developers
should be able to objectively compare approaches based on:

Performance

Energy Cost

Manufacturing Cost

Licensing Cost

Maintenance Cost

Reliability

Effects of Headgear Accessories
Potential for future enhancement

Other factors

Evaluation of Transparent Hearing solutions with respect to both common tuning and optimal
tuning to individual user characteristics should provide additional information for comparing
these approaches.

Design Guidelines

General guidelines to designers of headgear are useful early in the design process. These
guidelines should embody knowledge that applies to the full range of both military (dismounted,
mounted, airborne, and at sea) and civilian applications (emergency and security personnel,
industrial workers, etc.), wherever coordinated communication is required in environment
possessing threats to health, life, and effectiveness.

1.4.4 Cost Estimation

The investigation of relative lifecycle costs, including development, manufacturing, maintenance,
and replacement costs, and the identification of cost drivers for each approach should also
provide valuable information for cost-effectiveness comparisons of the different approaches over
the short and long term.

1.5 Method

To achieve the stated project objectives related to the stated problem, the project was designed to explore
the concepts and technologies related to transparent hearing. The method of exploration includes:

e asurvey of the existing knowledge base and product offerings,
e identification of the solution space in which all likely solutions may lie,

e selection of a representative sampling of possible solutions (“approaches™) to for the basis of the
exploration,

implementation of the selected approaches to explore their characteristics in detail,

definition of metrics for success in an approach towards a solution,
evaluation of the approaches against the metrics, and
a detailed report on the findings.
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1.6 Terms

This section defined terms used in this document with a special emphasis for the context of this
document.

Warfighter
For the context of this application, any dismounted personnel under threat and requiring
situational awareness of the immediate surroundings to perform specific duties.

Headgear
All equipment worn on the head.

Pinna

Protruding appendage surrounding the ear canal providing direction-dependent resonances and
partial obscuration for incoming sound signals. For the purpose of this document, pinna (p/.
pinnae) includes the concha.

Concha

Largest cavity in the pinna providing prominent direction-dependent filtering characteristics. (pl.
conchae)

Path

The trajectory of an acoustic wave from the emitter (sound source) to the receiver (listener).

Direct Path
The shortest trajectory of an acoustic wave between an emitter and a receiver.

Indirect Path
Acoustic wave signals that do not reach the receiver via the shortest path.

Controlled Path
Acoustic wave signals that are processed before reaching the receiver.

Occluded Hearing
A partially or fully obstructed direct path to the ear.

Protected Hearing

Hearing that has been shielded by passive or active devices with the use of which listeners will be
able to maintain normal hearing capabilities subsequent to the occurrence of loud sounds that
would ordinarily cause temporary or permanent hearing loss.

True Transparency
The inability to discriminate between unoccluded and occluded hearing.

Transparent Hearing

Perceptual restoration of hearing so the user can perform tasks equally well with and without
hearing occlusion. The auditory tasks to be considered include signal detection in quiet and in
noise, sound source localization, signal discrimination, signal identification, and speech
intelligibility in noise.

Compensated Hearing

Hearing reinforcement that counterweighs a deficiency or impairment.

Natural Hearing Restoration

This term may be confused between Compensated Hearing and Transparent Hearing as described
above and, therefore, will be avoided in this document.

Augmented Hearing

Hearing capability that is artificially boosted beyond natural hearing and may include hearing
compensation, increased hearing sensitivity, augmented discrimination of signal from noise and
aural-focusing on a particular direction or signal.
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e Automatic Gain Control (AGC)
In the context of this report, AGC refers to a controlled path that aims to adjust the gain such that
the output signal remains below a threshold. Generically, the AGC term does not imply a
particular method to achieve the attenuation (i.e. compression, limiter, clip).

1.7 System Objectives, Considerations, and Constraints

In addition to the psycho-acoustic properties described above, any transparent hearing system for the
warfighter should be designed such that additional characteristics are considered or met.

1.7.1 Optimal Solution

An optimal solution would be a membrane or “force field” around the human head that
e is impervious to bullets and ballistic projectiles, protects against head injuries in falls such as
paratroop jumps,
is impervious to chemical poisons and biological germs and agents,
is impervious to high-intensity optical energy such as lasers and bright flashes,
is impervious to high-intensity aural energy above a specified level,
permits normal oxygen, carbon-dioxide, and vapor transmission,
permits normal optical transmission without distortion,
permits normal aural transmission preserving sound wave structure across the spectrum,
provides user-specific optical correction,
provides user-specific aural correction,
provides a means to display synthetic or electronically transmitted optical information,
provides a means to display synthetic or electronically transmitted aural information,
is comfortable to the user under all conditions, and

requires very little energy.
It is not within the scope of this project to begin to achieve such a solution, but it is mentioned here so
that sight of it is not lost in the focus on the components.

1.7.2 Transparent Hearing System Considerations

The need for transparency assumes the direct, uncontrolled path is obstructed by hearing protection, or
more generally headgear. A system for achieving transparent hearing must necessarily replace the direct,
uncontrolled path of sound-wave transmission from the acoustic environment to the warfighter’s ears by
an indirect, technologically-controlled, path. Elimination of the direct/uncontrolled path involves the use
of passive and active signal-attenuation techniques. Achievement of the indirect/controlled path involves
the use of microphones, earphones, and various forms of signal processing. Psychoacoustic elimination
of the direct path is required not only for purposes of protection, but also for purposes of control. The
task of achieving the desired controlled signals is greatly complicated by the addition of uncontrolled
direct signals. The audio system for the controlled path must be realized in such a manner that it is
compatible with the devices and procedures used to eliminate the direct/uncontrolled path.

Eliminating the direct/uncontrolled path is beyond the scope of this project. Therefore, it will be assumed
that the direct/uncontrolled path is effectively eliminated, and the devices and procedures used to achieve
this elimination will be ignored except for compatibility evaluation.

References to “Transparent Hearing System” mean a system that attenuates the direct, uncontrolled path
to the point of psychoacoustic elimination and supplies an indirect, controlled path that supports
transparent hearing.
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1.7.3 Complete True Transparency

There are two reasons for which applicable transparent hearing solutions do not need to satisfy the
constraint of true transparency or naturalness. First, satisfying such a criterion is arguably impossible.
Second, such a system is not what is really needed. Understanding of this is already evident in the
requirement that the system provide unnatural protection from acoustic trauma. Unnaturally good
abilities to localize sound sources and to detect important signals in quiet and in background noise would,
it may be assumed, also be appreciated. Basically, an audio system is needed that:

provides acceptable performance,

does not require a significant learning period,

is robust,

can be manufactured at low cost, and

creates enthusiasm among potential users.

1.7.4 Compatibility Requirements

The Transparent Hearing System must be compatible with envisioned extensions or augmentations of the
total warfighter audio system, as well as to headgear accessories.

1.7.41 Accessory Headgear

Transparent Hearing solutions should be designed and evaluated with respect to physical and
acoustical compatibility with additional head-gear accessories such as laser detectors, night-
vision, systems, various antennae, chem-bio masks, eye protection, comms systems, etc.

1.7.42 Advanced Auditory Displays

Transparent Hearing solutions should be designed and evaluated with respect to compatibility
with advanced auditory displays, such as localized communications and aural information. For
instance, Head-Related Transfer Functions for natural, transparent, and synthetic sounds should
be compatible. The integration with data from multiple sensors including GPS, orientation, and
night vision should be spatially coherent and intuitive. The leverage of Transparent Hearing
sensors for other auditory displays should be considered, i.e. orientation sensing.

1.7.4.3 Advanced Augmented Hearing

Transparent Hearing solutions should be designed and evaluated with respect to compatibility
with advanced augmented hearing solutions, such as supernormal listening, hearing-loss
compensation, and remote battlefield sensing. Situation awareness can be increased beyond
Transparent Hearing. The presentation of the surrounding aural environment may be completely
controllable and even specifically augmented with user control. Techniques can provide
augmented discrimination of signal from noise, or augmented aural-focusing on a particular
direction or signal. The present objective is to provide transparent hearing with consideration for
leveraging the same system for these augmented hearing techniques.

1.7.5 General-Applicability Requirements

The Transparent Hearing System must be able to fulfill its functions over a broad range of conditions.
Dimensions along which conditions will vary include the acoustic environment, the paraphernalia worn
by the warfighter, and the characteristics of the warfighter’s auditory system. While the variability along
these dimensions will require that the Transparent Hearing System be tunable, the ways and extent to
which it must be tunable are currently uncertain.
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1.7.6 Practicality Considerations

Practicality considerations include many items that will probably at some point become hard-specified
constraints. They include:

Energy Consumption

Modularity and Interchangeability

Field Serviceability

Size, Weight, and Comfort

Robustness and Ruggedness

Costs: Energy, Manufacturing, Licensing, Maintenance, etc.

1.8 Non-Military Applicability

A good transparent hearing solution coupled with hearing protection promises applicability beyond the
warfighter, deep into the private sector and civilian applications. All occupations that involve fairly noisy
environments are candidates for hearing solutions derived from that described herein. Specific
applicability varies from want to need with dependency on situational awareness and the inherent health
risk.

e industrial equipment operators e construction workers
e urban firefighters e wildfire firefighters
e aviation ground crews e broadcast crews

e outdoor sportsmen e event security

e football coaches e auto-racing teams

This broad applicability means that a solution could save lives, improve productivity, and reduce health
risks for hundreds of thousands of everyday people, not just the elite warfighter on a rare high-risk
mission.
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2 Background

This section contains background information relevant to development of the Transparent Hearing
System. It includes material on normal hearing performance, on alterations in hearing due to changes in
biological processing (e.g. hearing loss) or to changes in the input signals (e.g. head-worn gear
disturbance), and on adaptation to such alterations.

2.1 Normal Hearing

2.1.1 General Perceptual Characteristics

In general, a listener’s objective performance can be characterized by two parameters: resolution and
response bias. Resolution measures the extent to which the listener can discriminate slightly different
stimuli. Response bias measures the extent to which the listener tends to make one response over another,
independent of the stimulus. Significant biases can generally be eliminated by short training periods in
which correct-response feedback is presented to the listener. Poor resolution, on the other hand, tends to
reflect fundamental limitations in auditory processing and is less susceptible to improvement by training.

2.1.1.1 Just Noticeable Differences (JND)

Results of psychoacoustic studies [40][93] indicate that:
e the detection threshold for sounds in a completely quiet background (the “absolute threshold”) is
of the order of 0 dB SPL in the mid-frequencies;
the JND in frequency is of the order of 3% of the reference frequency;
the JND in level is of the order of 1 dB; and
e the JND in duration is of the order of 10% of the reference duration [99]

Specific to spatial localization, studies show [95] that:

the JND in source azimuth near the frontal position is 2 or 3 degrees;

the JND in source azimuth near the interaural axis is on the order of 20 degrees, and

the JND in source elevation is on the order of 20 degrees; and

the JND in source distance is relatively poor unless one has excellent a priori information on the

signal’s intensity level at the source[35][93].
The JND for localization angle irrespective of axis is more formally referred to as Minimum Audible
Angle (MAA).
It is important to note, however, that these resolution figures represent the results obtained under ideal
laboratory conditions. They are likely to be substantially degraded by the presence of competing sounds
that tend to mask the “target” signal, of echoes and reverberation in the acoustic environment, and of
uncertainty in the acoustic stimuli.
2.1.1.2 Interference
Monaural masked thresholds are roughly equal to the value or power of signal cues required to achieve a
signal-to-noise ratio of unity at the output of the relevant critical bands'. Binaural masked thresholds,
including both the “better ear effect” and the results of binaural interaction, are often 10-20 dB lower than
the measured thresholds for a single ear [35]. Obviously, as the target-signal level approaches its masked
threshold, discrimination and recognition performance, as well as detection performance, are degraded.

Spatial localization tends to be degraded by the presence of echoes and reverberation in the environment;
however, the amount of degradation is limited to a certain extent by the “precedence effect”, whereby the
impression of location is dominated by the interaural cues carried by the direct acoustic wave [60][149].

! Critical bands are the psycho-acoustically-determined auditory filters present in the biological processing.
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2.1.1.3 Stimulus and Identification

Performance also tends to be degraded when the listener is uncertain about the sounds to be presented or
the choices to be made in response to the received sounds. Most of the data obtained in the laboratory are
obtained under conditions where uncertainty of these types is minimized. Although the effects of
uncertainty have been studied by a few individuals for a number of years [137], it is only recently that this
area has become a central focus of psychoacoustic research.

Finally, it should be noted that for a set of sounds in which the members differ by only one or two
dimensions, identification performance (which is strongly limited by memory constraints) is much worse
than would be expected on the basis of discrimination results. For example, it is impossible to reliably
identify the intensity of a sound when the number of intensities in the set exceeds roughly 7, even when
the intensities are separated by many JND's [39].

2.1.2 Spatial Localization

Spatial localization refers to the ability of human listeners to judge the direction and distance of
environmental sound sources. To determine the direction of a sound, the auditory system relies on
various physical cues. Sound waves emanating from a source travel in all directions away from the
source. Some waves travel to the listener using the most direct path (direct sound), while others reflect
off of walls and objects before reaching the listener’s ears (indirect sound). The direct sound carries
information about the location of the source relative to the listener. Indirect sound informs the listener
about the space, and the relation of the source location to that space.

2.1.2.1 Interaural Differences

Because of the ears’ spatial disparity and the mass between them, they each receive a different version of
the arriving sound. The ear that is closest to the sound (ipsilateral ear) will receive the sound earlier and
at a greater intensity or level than the ear farther away from the source (contralateral ear). The differences
in time of arrival and in level are referred to as the Interaural Time Difference (ITD) and the Interaural
Level Difference (ILD) respectively.

.
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Figure 1: Schematic showing ipsi-lateral ear (near) versus the contra-lateral ear (far). The
signal arrives at the contra-lateral ear later, attenuated, and shadowed in the high-
frequencies (above 1 kHz) as compared to the ipsi-lateral.

? Interaural Level Difference (ILD) is also referred to as Interaural Intensity Difference (IID).
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To a good approximation, ITD is independent of frequency. However, for narrowband signals, the
auditory system is incapable of sensing the ITD much above 1500 Hz due to phase ambiguities. If, on the
other hand, the signal is sufficiently broadband (so that the phase ambiguities can be resolved), then ITD
can be sensed at high frequencies as well as low frequencies (although with somewhat less accuracy). At
low frequencies, and for a reference ITD of 0 psec, the ITD JND is roughly 10 psec [95].

Unlike ITD, the interaural parameter ILD depends strongly on frequency, decreasing more or less
monotonically in magnitude as frequency is lowered, because the head-shadow effect diminishes as the
wavelength of the sound becomes appreciable relative to the size of the head. Thus, even though the
auditory system maintains an interaural level JND of roughly 1 dB at all frequencies for a reference ILD
of 0 dB, this sensitivity does not play a significant role in spatial localization below approximately 500
Hz.

Nevertheless, localization by means of binaural interaction has two important intrinsic limitations. First,
as can be seen by considering the situation in which the space is anechoic and the listener is modeled by a
spherical head with ears at the ends of a diameter of the sphere, the interaural parameters (both ITD and
ILD) remain constant over any cone around the interaural axis with its apex located at the center of the
head, so-called “cones of confusion” (see Figure 2). Thus, for example, under these assumptions, the
interaural parameters remain constant (at ITD = 0 and ILD = 0 dB) over all points in the median plane.
Second, the interaural parameters convey essentially no information about distance. Only for sources in
the near-field® do these interaural parameters contain significant distance information.

Figure 2.: Cone of confusion. Adapted from [73]

3 Near-field is the range around the listener where the interaural differences change discernibly when a sound is
moved along the radial dimension. The contrary is far-field. A typical near-field envelope radius is about 1 meter.
In the far-field the ratio of the distances from the source to the two ears are near unity.
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2.1.2.2 Spectral Coloration

To resolve a position on a cone of confusion, it is widely accepted that an additional cue is used. Before
reaching the listener’s ears, the sound waves are also affected by the interaction with the listener’s head,
torso, and pinnae, resulting in a directionally dependent spectral coloration of the sound. This systematic
“distortion” of a sound’s spectral composition acts as a unique fingerprint defining the location of the
source. The human brain uses this mapping between spectral coloration and physical location to
determine the direction of a sound source.

2.1.2.3 Head-Related Transfer Function

The composite of the ITD, ILD and the spectral coloration characteristics are captured in Head-Related
Transfer Functions (HRTF). Even though HRTF’s are very rich in acoustic information, perceptual
research shows that the auditory system is selective in the acoustic information that it uses in making
Jjudgments of the originating direction of a sound source [138]. Due to physical differences between
individuals, HRTF’s vary greatly in both general shapes and detail [94][96][1 17][140]. As a result,
serious perceptual distortions can occur while listening using HRTF’s that were either synthesized or
measured on another individual [140][49]. Nevertheless, research shows some individuals experience
equal, sometimes improved [25][141], localization accuracy with non-individualized HRTF’s — especially
when HRTF’s of a “good localizer” are used [138).

In general, for each acoustic source in the environment, the signals at the listener’s ears can be
represented by

Y,(0.4,d,0)=H, (6,¢,d,0)X (0)
and

Y:(6,4.d,0) = Hy(6,¢,d, @)X (@), (1)

where
(6,¢,d) = spatial coordinates of source relative to the listener's head
6 = azimuth
¢ = elevation
d = distance
@ = angular frequency
Y, ,Y; =complex spectra of acoustic signals at the listener’s ear drums
H,,H, =HRTF
X = complex spectrum of transmitted signal.

Note also that this representation assumes that the source is effectively isotropic [i.e., X (@) contains no
angular dependence].
2.1.2.4 Localization Process

Given this representation, the process of spatial localization can be described as the process by which the
listener determines the spatial coordinates (6, #,d) from the information contained in the pair of signals
Y,(0,¢.d,w) and Y, (0,¢,d,®) .
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One method for making this determination involves binaural interaction, i.e., comparing the signals at the
two ears. For most purposes, this comparison can be represented by forming the ratio
Y, (6,4,d,0) H, (6,4,d,0)
Ye(6.4,d,0) H,(0,4.d,0)

(2)

Note that forming the ratio eliminates the effect of the transmitted signal X (@), that the phase spectrum
of this ratio gives the ITD, and that the amplitude spectrum of this ratio gives the ILD. In order to
determine the coordinates (&,4,d) from this ratio, one needs only to know (from previous experience
with one’s HRTF’s) how H, (6,¢,d,w)/H.(8.,¢,d,») depends on(6,¢,d,). No knowledge of X (@)
is required.

A second method for spatially localizing acoustic sources, based not on binaural interaction but on
monaural processing, attempts to gain information on H, (6,4,d,») and H,(6,4,d,®), and thereby on
(6,¢,d) , by using a priori information on X (@) to factor out its influence on ¥, (6,4,d,®) and
Y,(8,¢.d,) . 1deally, the system would know X (@) well enough to factor its influence out completely,
i.e., to form the ratios

H,(0,¢,d,0)=Y,(6,4,d,0)/ X ()

H,(0,.d,0) = Y,(0,4,d,0)/ X (o). A2

Although the amount of a priori information on X (@) available to the listener is seldom adequate to
represent the monaural processing in this manner, it is often sufficient to provide reasonably good
estimates of H,(0,4,d,®) and H,(0,¢,d,®) and thus of some components of (6,4,d) . More
specifically, monaural processing is capable of greatly reducing the ambiguities present in the cones of
confusion and, in particular, of providing useful estimates of source elevation in the median plane[95]. It
should also be noted that listeners who are totally deaf in one ear can still show reasonably good
performance in estimating the azimuth of a sound source as well as its elevation.

Generally speaking, the ability of humans to estimate distance is rather poor using either one or two ears.
Physical cues relevant to distance estimation include ratio of direct to reverberant energy, overall level,
and overall spectral shape. The ratio of direct to reverberant energy and the overall level both tend to
decrease with distance, while the friction in air decreases the high-frequency energy with distance,
changing the spectral shape. One additional cue to distance that can arise in special cases is how speech
is articulated if the talker knows the distance to the receiver.

Finally, and as indicated briefly above in section 2.1.1.2, spatial localization can be substantially altered
by the presence of echoes and reverberation. Reflected acoustic energy may have a positive influence on
estimation of distance. In certain circumstances, early reflections may enhance localization, but
generally, reverberant acoustic energy interferes with spatial localization achieved via either binaural
interaction or monaural processing. The degradation it causes in estimation of direction is minimized to
some extent by the precedence effect.

2.2 Altered Hearing

There are two basic ways in which hearing can be altered: (1) by degradation of biological hearing
mechanisms (hearing loss) and/or (2) by introduction of artificial devices or systems that transform
acoustic signals prior to biological processing.

2.2.1 Alterations in biological processing (hearing loss)

Although diseases and aging can reduce hearing performance, exposure to noise and loud sounds
constitutes a primary cause of both permanent and temporary hearing loss, with perception of high
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frequencies being particularly vulnerable. The degree and duration of noise-induced hearing loss depends
jointly on the level, duration, and spectrum of the exposing sound. For example, continual exposure to
impulse noise at 115 dB peak SPL for six hours can produce as much as 60 dB threshold shift for some
frequencies, decaying away over the course of days [32]. A dramatic example of profound temporary
hearing loss (resulting in permanent hearing loss) caused by a single unprotected exposure to shoulder-
borne weapon fire has been recently documented by Vause and Blank [135].

Hearing loss degrades speech reception. The extent and nature of this degradation depends on the degree
of hearing loss. People with mild-to-moderate degrees of loss, with pure-tone averages up to about 70
dB, experience difficulty primarily due to inaudibility of the speech signal in at least part of the spectrum
[151]. People with losses greater than about 70 dB exhibit some additional speech-reception deficits
related to impaired frequency and time resolution, deficits that cannot be compensated with amplification
[100].

Hearing loss can also affect sound localization ability. Even when signals are completely audible, some
loss in interaural discrimination ability [36] and sound field localization ability [61] is frequently seen
with hearing-impaired listeners. However, some listeners with severe loss show no decline in binaural
abilities beyond those attributable to audibility [52].

In addition to degradations in detection and localization abilities, hearing loss is sometimes accompanied
by tinnitus (“ringing in the ears”). On occasion, this affliction is so severe that total deafness is chosen as
a “cure” [71].

Noise-induced hearing loss is, of course, an important problem in the military. In addition to reducing the
effectiveness of the warfighter, hearing loss can lead to later costs, both to the government in disability
compensation and to the serviceperson in quality of life. Over the past 20 years, hearing conservation
programs have made impressive progress reducing the incidence of service-related hearing impairment
[105].

2.2.2 Alterations prior to biological processing (head-worn devices)

There are four main categories of devices that alter the acoustic signals reaching the ears. The first
category includes devices that provide non-auditory protection (e.g., helmets, goggles, protective bands,
etc.). The second includes devices that attenuate the incoming acoustic energy to help protect the
listener’s ears; the primary types of protective devices are earplugs, earmuffs, and active noise reduction
(ANR) muffs. The third category includes head-worn devices that are designed to enhance the listener’s
hearing; these are primarily hearing aids. The fourth category includes devices that have been developed
to provide a combination of hearing protection and enhancement, often called “hear-through” systems.
Devices of this type are designed to solve problems similar to those addressed in this project.

2.2.2.1 Non-Auditory Protective Headgear

Few studies have examined localization performance of listeners while using non-auditory protective
headgear. Vause and Grantham’s study [136] of sound localization included a condition in which
subjects wore a Kevlar helmet, which is currently used in the Army. This helmet extends over the ears
but does not occlude them, and so does not provide any hearing protection. Subjects localized sounds
roughly equally well while using the helmet as when bare-headed, both in the frontal and lateral
directions [136].

2.2.2.2 Hearing Protectors

Hearing protectors auenmtethesoundmachingtheearswvaryingdegmesdependingonthetypeof
device and the care of fitting. Thus, their primary psychoacoustic effect is an increase in absolute

threshold. Hearing protectors have little effect on speech intelligibility if the speech signal is strong
enough so that it is fully audible after suffering the attenuation of the protector. It is important to note
that the audibility limitation becomes impor_tant when the user has a significant hearing loss [5].
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The results from studies of sound localization with hearing protectors have been consistent with
expectations from the known disruption of the physical cues [2][15]. For example, Vause and Grantham
[136] showed a large increase in front-back confusions in the horizontal plane with plugs and a Kevlar
helmet used together (relative to no device), while errors in the frontal direction were only slightly
increased. The authors attributed the increase in front/back errors to the loss of high-frequency spectral
cues while using the devices.

When device attenuation becomes very large, even left/right localization can become disrupted [23], an
effect that is attributable to mixing of air- and bone-conducted sounds in the cochleae®. If the level of the
sound conducted by the air path is comparable to that conducted by the bone path, which because of the
high speed of sound in bone is effectively the same signal at the two cochleae, then interaural cues will be
disrupted. As would be expected, this loss of interaural isolation produces binaural effects like those seen
with listeners with conductive hearing losses of about 40 dB or more [148].

2.2.2.3 Hearing Aids

Hearing aids provide amplification to compensate for loss of hearing. Their most important
psychoacoustic effects are improved signal detection and speech reception. A frequent negative effect is
over-amplification of some sounds, leading to loudness discomfort. To combat this negative effect, and
also to minimize the need to adjust the volume control, aids are often provided with some form of
automatic gain control. In the most common configuration, independent aids with similar amplification
characteristics are worn near, or in, each ear. In response to widespread complaints about hearing-aid
amplification of background noise, much recent work has gone into development of microphone arrays
that selectively amplify signals from a target direction relative to other directions [57].

Several studies have examined the localization performance of hearing aid users [91][26], using either
one or two ear-level aids. Generally, users of binaural hearing aids can localize as well in the left-right
dimension with binaural hearing aids as without (with signal level increased to minimize audibility
limitations). Some users of monaural aids can localize well in the left/right dimension despite the large
asymmetry in levels delivered to the two ears [150]. Sound localization in the median plane is better
when the placement of the aid’s microphone (e.g., an in-the-ear aid versus a behind-the-ear aid) preserves
natural cues [104]. Of course, many hearing-impaired listeners cannot localize well with or without use
of hearing aids [61]. Generally, however, the primary concerns of hearing aid research and clinical
practice have been on finding the best amplification and compression characteristics for maximizing
speech intelligibility and minimizing loudness discomfort; relatively little attention has been paid to
localization beyond placement of binaural microphones near each ear to preserve interaural cues for left-
right acuity.

Another effect of using a hearing aid is that noise (from the aid’s microphone or circuit) can be audible to
the user [5]. While this is typically not a major problem with hearing aids because ambient noise usually
dominates internal aid noise, it is a potential issue with the proposed Transparent Hearing System when
used in very quiet environments.

2.2.2.4 Hear-Through Systems

Hear-through audio devices — also called level-dependent hearing protectors — display the ambient
acoustic environment to a listener while also providing protection against strong sounds. They are
produced for hunting, tactical surveillance, and military applications. Hear-through devices are the most
similar of any head-worn audio system to the proposed Transparent Hearing System. Some types of hear-
through devices have the form of protective muffs, while others more resemble earplugs or hearing aids.
Earplug types can be further categorized into electronic and passive. Passive level-dependent plugs

% The bone-conduction path results from auditory stimulation via conduction of vibratory energy through the torso
and skull to the inner ear. Because the bone-conduction path is in parallel with the air-conduction path, sound can
be heard via the former path even when the normal air path is completely blocked.
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exploit the nonlinear attenuation characteristic of a small orifice [116], and so are also called “perforated
plugs”. Most electronic versions have a manual volume control to adjust gain for low-level signals and an
automatic volume control to reduce gain rapidly for high-level signals.

The main difference between hear-through and transparent hearing systems is the extent to which they are
psycho-acoustically transparent, especially with respect to localization based on monaural spectral cues.

There has been little direct research on psychoacoustic effects of hear-through systems, beyond threshold-
shift-based measures of attenuation. Measurements of speech reception on some devices [3][4][101] have
shown little deterioration in the low-level range; another study [87] found little decrement, relative to
open ears, in the ability to identify animal sounds using two types of hear-through devices.

2.3 Adaptation

. When a listener’s hearing is altered by any means, the listener attempts to adapt to the alterations in order
to make optimum use of the auditory signals they hear. The extent to which and rate at which a listener
can adapt to unnatural auditory signals are important considerations when evaluating auditory systems.
For the current project, the need for adaptation will be minimized to the extent that transparency is
actually achieved with the Transparent Hearing System. Consideration of adaptation is nevertheless
important for two reasons. First, true transparency is not the goal of the Transparent Hearing System.
Second, future extensions of the Transparent Hearing System may include processing designed to achieve
supernormal listening.

As discussed above, the ultimate goal of a Transparent Hearing System is not to achieve true
transparency, because normal human hearing suffers from a wide variety of limitations. Rather, the goal
is to achieve the best hearing possible, subject to the constraint that the new hearing provided by the
system can be easily learned. The optimal compromise between good hearing performance and short
training time has yet to be determined. Knowledge of the human’s ability to adapt to alterations of
environmental acoustic wave representation clearly constitutes important background information for
work in this area.

Although adaptation to altered hearing is clearly a topic of great importance, research in this area has not
yet led to adequate understanding or predictive models. Generally speaking, the issue of adaptation or of
learning new auditory displays can arise in two contexts: (1) when non-acoustic information is displayed
acoustically (e.g., when chemical concentrations or stock market prices are “sonified”), or (2) when the
normal auditory representation of acoustic events is altered. Further, within the second context, interest
can focus on changes in spatial localization or in changes in other functions of hearing (e.g., speech
intelligibility).

2.3.1 Adaptation to Altered or Augmented Hearing

A variety of studies have been conducted specifically to gain better understanding of adaptive
mechanisms and limits on adaptation in spatial hearing. Auditory adaptation studies have been conducted
to measure a listener’s ability to adapt to the use of hearing aids [55], to attenuation of one ear [50] [12],
to the use of another individual's pinnae [63], to simulation of a rotation of the ears about the center of the
head [62], to simulation of a change in the correspondence between azimuth and spatial cues
[121][122][123][124], and to a simulation of increased head size [69). This area of auditory
psychophysics is very complex and is currently receiving considerable attention. No complete summary
of human adaptation capabilities or of optimal training procedures to achieve maximum adaptation can
yet be constructed. However, some general principles that govern plasticity of the spatial auditory system
are beginning to emerge.
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2.3.2 Adaptation to Foreign HRTF’s

With sufficient experience, a listener can learn to make accurate localization judgments when the
correspondence between physical source location and spatial cues is altered. The degree of adaptation
that is achieved depends both on the kind of spatial rearrangement and the amount and type of training.
Overall, results from a number of studies suggest that feedback and/or interaction with the environment is
critical for adaptation [54][63][119][138][140][146]. Further, the amount of training directly affects the
severity of the transformation to which a listener can adapt [63].

For instance, there are many common but relatively subtle changes in HRTF’s that cause only minor
effects on spatial behavior, such as when a listener puts on a hat, changes their head posture relative to
body posture, or moves to a different acoustic environment [119]. These results suggest that a listener
may constantly “recalibrate” their spatial auditory percepts to overcome minor acoustic distortions and
maintain accurate spatial perception as the listener and the environment changes.

With relatively short training periods (on the order of ten minutes of exposure), a listener can learn to
overcome some bias in spatial response, provided that the acoustic features that encode source location
are grossly similar to those that occur naturally. However, even when short-term training is sufficient to
overcome gross localization bias, a mismatch between normal and altered spatial cues can lead to
degraded spatial resolution and increased response uncertainty. In general, short-term training with
altered cues results in a perceptual “after-effect” whereby listeners exhibit localization bias when
presented with normal cues following training with altered cues. In addition, there is evidence that some
short-term training effects persist over days, so that users are not “starting from scratch” each time they
are presented with altered cues [120][121][122][123][124][125][146].

For more extreme alterations in which the acoustic features encoding spatial location are radically
different from normal, short-term training is insufficient, and localization behavior can break down nearly
completely [63]. However, with sufficient exposure (e.g. continuous over a period of weeks), even
radical alterations of spatial auditory cues can be learned such that response bias is minimal and
resolution is equal to or better than normal [63][140]. In addition, with long-term training, both the new
and old correspondences between acoustic features and spatial locations can co-exist [63]. In other
words, listeners can evidence dual adaptation states, make accurate localization judgments using both
normal and altered cues, and switch essentially instantaneously between the two types of cues, as one
learns to do with eyeglasses.

Taken together, these studies suggest that short- and long-term training cause qualitatively different
perceptual changes. Specifically, long-term training allows the user to learn how to extract and encode
new spatial acoustic cues even when these cues are dramatically and qualitatively different from normal
cues, essentially learning a new map of spatial cues that does not disrupt the “normal” map. In contrast,
short-term experience only can change how the listener responds to a particular set of spatial cues, a
change that can cause disruptions in responding to normal spatial cues until the system once again

readapts.
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3 Current Work

The current work includes a survey of relevant head-borne hear-through auditory systems, a selection of
approaches to a transparent hearing solution, implementation of the approaches, and evaluation.

3.1 Survey of Head-Borne Hear-Through Systems

The survey to date has focused on devices that selectively pass-through safe sound while providing
protection from harmful noise. A sampling of these devices was studied in detail as part of this project,
with results reported in section 5.2.1.

3.1.1 Active In-Canal Hearing Protectors

Active in-canal hearing protectors attenuate sound by blocking the ear canal, while selectively passing-
through safe sound filtered by powered means. Because the pinnae are uncovered and the interaural
dimension is unaltered, spatial cues are minimally disturbed. The pass-thru frequencies tend to be tightly
tuned to speech.

Table 1. Commercial hear-through systems, hearing-aid-in-ear-style.

Manufacturer: Model Features

Electronic Shooters Protection: ESP-Digital Binaural Mics, AGC, 200hrs, $2000/pr
http://www.espamerica.com/products.html

Micro-Tech: Refuge Hyperacoustic Binaural Mics, AGC
http://www.hearing-aid.com/refuge.htm

Starkey: SoundScope Magnum Ear Digital Binaural mics, AGC, 300hrs. battery
hitp://www.earinc.com/p1-electronic-hunting.php

Walkers: Digital Game Ear Binaural mics, AGC, $490/ear
http://www.walkersgameear.com

Air Force Communications Earplug (CEP) Custom molded, concha and canal plug, ANR,
hear-thru enhancement of Army version bone-conduction voice mic

3.1.2 Passive In-Canal Hearing Protectors

Passive in-canal hearing protectors filter loud noises while passing-through normal levels by passive
means. Because the pinnae are uncovered and the interaural dimension is unaltered, spatial cues are

minimally disturbed. Some of these devices place a significant mass in the concha cavity, disturbing
these highest frequency cues. The pass-thru frequencies tend to be tightly tuned to speech.

Table 2. Commercial hear-through systems, passive in-canal style.

Manufacturer: Model Features

Aearo Company: Combat Arms Earplug Flanged, Dual-use, see Figure 4
http://botachtactical.com/aearcomarear.html

Aearo Company: Earlog No battery
http://www.aearo.com/html/industrial/earlog3.htm

Etymotic Research: ER-20 No battery
hitp://www.etymotic.com/

Jrenum: LD No battery

http://www.jrenum.ch
North Safety Products: Sonic II, Sonic Ear Valves | No battery

http://www.northsafety.com

Silencio: Super Sound Baffler FUN-85 Flanged, see Figure 3
http://www.silencio.com/htfiles/earplugs.htmi
Westone: Style No. 39 Custom molded, concha and canal plug

httg://www.westone.com/earmold styles.html
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Figure 3: Silencio Super-Sound Bafflers FUN-85 are a good example of a flanged, passively
activated in-ear hearing protector. Normal sound pressure levels are passed through its
orifice, while a diaphragm is forced closed by high-intensity sound pressures.

Figure 4: The Combat Arms Earplug is a dual-use device, where one orientation (brown in
the ear canal) is a total plug and other (yellow in the ear canal) is a passively activated hear-
through protector.

3.1.3 Hunting/Shooting Muffs

There exist currently several commercially available hear-through systems whose goal is to protect
human hearing against loud sounds while offering a hearing enhancement system for soft ambient sounds.
Most of these systems were designed for individuals who are exposed to high SPL signals and need
hearing protection, but who also heavily rely on their hearing for environmental information for
situational awareness (e.g. hunters, industrial workers, soldiers).

Separate technologies are used for these dual-purpose systems: one for loud noise suppression, another
for hearing enhancement. The hearing protection part of the mechanism usually includes a passive
system and an active system, for loud impulse noises. The passive system is composed of sound-
attenuating earmuffs that isolate the listener from ambient sound by providing a seal around the ear. At
the same time, active electronics detect sudden loud noise and have a limiting system that attenuates the
sound to a safe level. The reaction time to sudden onsets is critical as sharp, loud sounds are most
harmful to human hearing. The best systems will have a very short reaction time (RidgeLine's ProEars:
less than 2 msec).

The hearing enhancement portion of the technology functions on the basis of using a receiver to pickup
environmental sounds, amplify them to a comfortable level, and transmit them to the listener. Some
products offer a stereo pickup system (ProEars, ComTac, Wolf Ears), while others offer only monaural
sound (Detect Ear, Bionic).

Table 3 lists some of the available commercial muff-style hear-through devices along with brief
descriptions of features.
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Table 3. Commercial hear-through systems, muff-style

Manufacturer: Model

Features

Bilsom: 707 Impact Il
hitp://www.bacou-dalloz com/eu/

AGC, Binaural Mics., 700hrs, Gain Control,
water-resistant, $150

Deben: SLIM ELECTRONIC COMMS
http://www.deben com/docs/commshearingURL aif

Peltor SoundTrap similar

Dillon HP-1
hitp:/Aww.eguns.com/Dillon Precision/EvesEars/eyvesears.himl

Peltor SoundTrap copy, $128

D.P.l. Personal Protective Equip.: Twin Active
http://www.dpisekur.com/H.Attive.htm

AGC, Binaural Mics, 50hrs, 16db Gain,
rechargeable, balance,
Silencio Frontline copy

Gentex: WolfEars
hitp://www.derry.gentexcorp com/products itm

Manual level control, AGC, 6db Gain Switch

Howard-Leight: Pro-Ears Leightning
hitp://www.howardleight.com/

AGC, Binaural Mics, Gain Control, $195

Howard-Leight: Pro-Ears Thunder
http://www.howardleight com/

AGC, Binaural Mics, Gain Control

Peltor: ComTac Binaural mics, manual level control, AGC,
| hitp://www.peltor.com Military Grade, 250hrs, $199
Peltor: Sound Trap Binaural mics, manual level control, AGC, 200hrs
hitp://www.peltor.com
Peltor: Surround Binaural mics, manual level control, AGC, 100hrs
| http://www_.peltor.com
Peltor: Tactical 7-S Binaural mics, manual level control, AGC,
hitp://www.peltor.com 100hrs, $149

Pilot Communications: Enhancer (PA 21-10)
hitp://www.pilot-avionics.com/htmi/hearingprotectorset. htm

AGC, Binaural Mics, 50hrs., 16dB Gain,
rechargeable, balance control, speech tuned

Radians Pro-AMP Electronic Muff
htip://www.botachtactical.com/radproampele.html

Binaural mics
Peltor SoundTrap

Silencio: Frontline Electronic HLE-03
http://www.silencio.com

Binaural mics, manual level control, bass/treble,
AGC, 50hrs

Silencio: Nighthawk ELP-97
http://www.silencio.com

Binaural mics, manual level control, Balance,
AGC, DSP, $180

Silencio: Local HLE-07

Wireless FRS Comms, Binaural mics, manual
level control, AGC, 50hrs

hitp://www_silencio.com
Silencio: Rangesafe Electronic RSX-87

http://www.silencio.com

Monaural mics, manual level control, peakclip,
500hrs, $110

Silencio: Super Ear SSE-01
hitp:/fwww.silencio.com

Zoom mic, manual level control, no protection,
500hrs

Silver Creek: Bionic Ear
http://www.detectear.com

Manual level control, Parabolic Mic, Mono

Silver Creek: Detect Ear
http:/ .detectear.com

Manual level control, AGC, Parabolic Mic, Mono

Sordin: Supreme llI
hgg:I/www.sordin.com/en/sugreme.shtml

Binaural mics, manual level control, AGC,
Military Grade, 600hrs

Remington: R2000 Electronic Thin Muff

http://www.remington.com

AGC, independent level control $120

RidgelLine: ProEars Dimension
hitp://www.pro-ears.comy/

Binaural mics, Independent level control, AGC,
200hrs, $257

Walkers: Power Muffs
hgg;m.walkersggmeear.com/guadiasg

Adjustable Attenuation Frequencies, AGC,
Binaural Mics, Ind. VC, $259

Walkers: Power Muffs - Quad
hitp://www.walkersgameear.com/quad.asp

Adjustable Attenuation Frequencies, AGC,
Quadrophonic Mics, independent level control,
$250
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Figure 5: RidgeLine's ProEars are a stereo Transparent Hearing System with two
microphones mounted flat against the earmuff. The left and right channels have
independent manual and automatic volume controls. Loud sounds are attenuated to 70dB
with an attenuation attack time of less than 2 msec, while all sounds below 70dB may be

amplified up to 70dB.

Figure 6: Gentex's Wolf Ears are a stereo Transparent Hearing System specifically designed
for hunters. This system has four main settings: passve hearing protective device only (with
a protection of 26 dB), a hear-thru hearing protection device (limiting all sounds to 84 dB
SPL), transmission of all sounds at a constant level (automatic gain), and 6 dB amplification
boost of all sounds (limited to 90 dB). The left and right speaker channels can be adjusted
independently.

30 May 2003 rev(1.0)
22



Transparent Hearing Exploration

Figure 7: Pictured above are four promising COTS active-hear-thru hearing protectors that
were not tested. From left to right: Silencio NightHawk, Walker’s GameEar Quad, Pilot
Communications Enhancer, and Silencio Frontline. Many models are simply private-label
copies of other brands, as shown here between the Enhancer and Frontline.

3.2 Approaches

The project scope includes the exploration of a range of approaches to developing transparent hearing
solutions. The work is specifically focused on the transparency aspect of the system, i.e., presenting
acoustic signals at the ears of the user with occluded/protected hearing such that spatial perceptual
accuracy is so well preserved that the user feels confident to perform tasks without removing the
protection and does perform tasks requiring spatial awareness equally well. Other necessary components
of the complete system, including specific hearing protection, gain control, communications, and
supernormal listening, are of secondary interest in the present project. These components were obtained
or implemented only as needed to study the transparency approaches.

The primary pathways are shown from one acoustic source to the eardrums of the listener either without
any device in Figure 8 (natural hearing) or with a Transparent Hearing System in Figure 9. With natural
hearing, the signals at the ears, Yz and Y7 , result from the source signal being filtered by the pair of head-
related transfer functions, Hy and H;. In the Transparent Hearing System, the source signal is first filtered
by the M source-to-microphone transfer functions, P,. The M microphone signals are then linearly
combined by a set of fixed filters, F,z and F,,;, (not shown explicitly in the Array Processing box) to form
the left and right signals Z; and Z delivered to the ears.
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Natural Hearing
Yr(0.0.d,®)
> HR(O,(‘),d,(D) e
Sound
Source
H.(0,¢.d,0) —>

Y0 (0.6.d.0)

Figure 8: Natural hearing schematic block diagram of the transformation from a signal
source to signal spectra at the two ears.

Transparent Hearing

» Pi(6,0,d,0) >O— Zr(0.6.d.o)
Sound . & Array  —»
Source | s 2 Processing
—>
Pu(6,6,d,0) —>O0—> Z.(0.6.d.0)

Figure 9: Transparent Hearing schematic block diagram of the transformation from a
signal source to signal spectra at the two ears. Note that the Transparent Hearing diagram
shows only the components related to achieving transparency. Not shown is an automatic
gain control, which would be applied to the Z and Z; signals. Also not shown are the direct
acoustic pathways, from the sound source through the hearing protectors and through bone
conduction, to the ears. Signals from those paths would mix with Zpand Z;

On the assumptions that microphone transduction and array processing are accomplished linearly and
without noise, the transparency goal reduces to the goal of finding the combination of acoustic diffraction
functions, P, and filters, F, that best match the spatial and spectral dependencies of Z; and Z to those of
Y, and Y.

Figure 8 and Figure 9 emphasize the two ways in which the spatial and spectral dependencies of the
output signals of the Transparent Hearing System can be controlled: 1) by acoustic propagation and
diffraction, and 2) by processing multiple microphone signals. Consider, at one extreme, the case of two
microphones located on either side of the helmet, with pinna-like structures providing natural diffraction.
In this case, the microphone signals themselves will possess the desired dependencies and no subsequent
processing would be needed. At the other extreme would be a spatially-distributed array of omni-
directional microphones with no diffracting obstacles nearby. In that case, any one microphone signal
would have no spatial or spectral dependence, and the desired dependencies would have to be created by
filtering and combining the microphone signals.

Metrics are needed to assess the quality of transparent hearing systems. The goal of mathematical
equality, {Yr, Yr} = {Z, Zz}, would be the basis for the ultimate metric. However, strict equality will
be very difficult to approximate, and, given the tolerances in psychoacoustic resolution summarized
above, may not be needed. However, it represents one metric for assessing the quality of a prototype
solution. Other, less strict, psycho-acoustically-based metrics are also described below and used to guide
initial design work. The ultimate test, of course, is functional — does a listener perform auditory tasks as
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well while using a Transparent Hearing System as they do with no device? Preliminary assessments of
prototype systems are part of the work.

3.2.1 Solution Space

The approaches described here for achieving transparency differ along many dimensions, including cost,
aesthetic acceptability, and customization capability for individual users. However the primary
dimensions reflect the two basic ways of achieving the desired spatial and spectral responses. These two
dimensions, labeled “geometric complexity” and “electronic/computational complexity”, define a solution
space, depicted in Figure 10. “Geometric complexity” means the extent to which the helmet/muff must
be modified. “Electronic/computational complexity” includes the simple number of microphones as well
as the increased circuitry and processing required.

electronic/computational
complexity

A
A1

B P geometric
complexity

Figure 10: Illustration of the solution space being sampled in this project.

For example, a solution at the point labeled B would represent a system that is near zero on both
dimensions (e.g., binaural microphones with no added structures). The point P would represent
something akin to human-like pinna, a solution with no increased processing demands but that requires a
special geometric structure. Solution A1 might be an array of microphones distributed around the helmet
that requires no structural modifications. A2 would be an array of microphones designed to work in
conjunction with some added structural elements.

The approaches selected below are an attempt to sample this solution space and to implement in hardware
the most promising candidate systems. As an analytical tool in the design stage, an exploration of
computational acoustic model methods was conducted in parallel. Computational modeling can
potentially enable a quicker and easier sampling of the space prior to implementation than can be
achieved with physical models.

3.2.2 Approach Selection

The descriptions in the subsections below present the project teams’ selected approaches along with
assumptions and prejudices at the onset of this project. Some methods are revealed in this section as part

of the approach description.

3.2.2.1 Simple Binaural

The binaural microphone approach represents an elementary receiver system which aims at capturing the
fundamental cues used by the human auditory system to localize sounds. The physical setup includes two
microphones, placed at either side of the head, with no additional structural elements. The microphone
pair is secured in several pairs of locations symmetrically displaced from the median plane. The presence
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of the head between the microphone pair acts as a natural baffle, leading to inherent ILD and ITD cues.
However, due to the unusual shape of the external casing of the helmet and/or muffs, unnatural interaural
and spectral properties may result.

There is a tradeoff between the placement of the microphones and the two fundamental cues the binaural
microphone approach aims at capturing. Placing the microphones on the ear cups, at the height of the
ears, results in a head shadow effect at the contralateral ear, leading to correct ILD cues. Nevertheless,
the extended placement of the microphones from the center of the head, in relation to the ears, will lead to
exaggerated ITD cues. Conversely, positioning microphones on the helmet, above the ears, may result in
accurate time difference cues but may significantly reduce the effect of the head shadow at high
frequencies.

The advantage of the binaural microphone system is twofold. First, the simple nature of this approach
makes it an easy system to implement and maintain. Second, with few hardware components required to
build this system, the total cost will be low. The main disadvantage includes the lack of spectral acoustic
information acquired and transmitted to the listener, resulting in a possible loss of localization accuracy.
Common to all two-microphone solutions is the limited extension to super-normal listening.

This approach is very similar to that taken by most commercial hear-through systems. However, in this
exploration, many important variables are controlled. The primary variables for exploration are 1)
microphone location on the headgear, 2) microphone mounting influencing directivity patterns, and 3)
microphone isolation.

3.2.2.2 Binaural with Human-like Pinnae

Binaural microphones with human-like pinnae are an extension of the above-described Binaural
Microphone approach. The main shortcoming of the Binaural Microphone system is the lack of
directionally dependent monaural spectral coloration. In human hearing, these characteristics are created
primarily by the cavities in the pinna. The current approach places a pair of microphones mounted in
artificial pinnae and positions these on either side of the head, integrated into the protective hearing muff.

Artificial pinnae mounted on a dummy head have been used for many years as a tool for acoustic research
as well as by audio engineers for the production of binaural recordings [6][18][46][53][76]. The pinnae
are designed and modeled based on the characteristics of human ears and, therefore, accurately simulate
the spectral filtration characteristics of real human pinnae. There exist many commercially available
artificial pinnae models designed to imitate the ears of humans of different size, age and sex: Knowles
Electronic Mannequin for Acoustic Research (KEMAR), Bruel & Kjaer Head And Torso Simulator
(HATS), and Neumann KU-100.

The current approach mimics the manner in which human ears receive sound. Its main advantage is that
the listener is presented with accurate, natural and complete spatial cues - including ILD, ITD and
directionally dependent spectral coloration. Its disadvantages are aesthetic control and position
flexibility. Again, common to all two-microphone solutions is the limited extension to super-normal
listening.

3.2.2.3 Binaural with Human-like Concha

An approach employing binaural microphones with human-like concha resonance structures is a
specialization of the binaural microphone approach. The simpler and less protruding concha structure can
be more easily hidden and thus aesthetically addressed than full pinnae structures described in the next
sections. This approach will thus be called the “hidden concha” approach in this report to emphasize this
advantage. The underlying assumption of a hidden concha system is that source reflections from the ear’s
concha provide important sound localization cues — especially for indicating elevation. These cues can
augment the interaural time and level difference cues provided by binaural microphones on either side of
the head that provide for azimuthal localization.
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The hidden concha system uses a physical reflecting surface, a ‘model concha’, to duplicate some of the
pinna effects. Figure 11 below illustrates the use of a model of a concha cavity in creating a physical,
passive device for replicating spatial cues in a Transparent Hearing System. The key component, the
model concha unit, is a physical representation of the concha that reproduces the concha surface and the
ear canal accurately. As sounds propagate to the ‘ear canal’ of the model concha unit, they reflect off the
surface of the concha and, as a result, they exhibit useful sound localization cues.

Side View Model Concha Unit

(concha can be concealed)

Front View ] Microphone

at ‘ear canal’

Figure 11: Diagram describing the Hidden Concha System. The smaller concha can provide
some of the pinna cues for sound localization while remaining small enough for easy
concealment behind a screen or mesh.

The hidden concha approach incorporates left and right model concha units into a selected element of the
headgear. The location depends upon the specific headgear constraints. For this study, model conchae
were incorporated into 1) the protective hearing muffs with its exaggerated interaural distance, and 2)
high on the helmet where an anthropometric interaural distance could be maintained. Exact placement of
the model concha units is a significant variable, even within an element such as the hearing muff. For
instance, the model concha could have been located towards the front of the muff. Microphones are
located in the ‘ear canals’ of the model concha units. The resulting microphone signals exhibit a
combination of binaural cues and concha reflection cues. The binaural cues result from model concha
units’ location on either side of the wearer’s head. The concha reflection cues provide the wearer with a
more realistic sense of space than having no resonance chamber at the transducer.

An important feature of these model concha units is their size: they are smaller than the pinna as a whole.
This smaller size allows the model concha itself to be ‘hidden’ behind a mesh or screen in the model
concha unit. This is an important advantage of hidden concha systems, since the concealment of the
concha surface liberates the system design from some aesthetic concerns. This freedom means that the
model conchae can be as realistic as possible to provide maximal acoustic transparency. In fact, the
model conchae could even be personalized using ear-molds for each soldier, which may further improve
performance. Additionally, the model concha units could be interchangeable between various sets of
protective muffs: once a soldier has a set of model concha units made, it would fast and easy to
personalize any given transparent audio system.

The main disadvantage of hidden concha systems is that the concha is only part of the whole pinna.
Without adaptation, concha reflections may be insufficient to augment the binaural microphone system
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performance to the desired levels of acoustic transparency. This approach contrasts to commercial in-ear
systems that fill the concha and depend on the outer pinna cues exclusively. Once again, common to all
two-microphone solutions is the limited extension to super-normal listening.

3.2.2.4 Binaural with Mechanically-Modeled Pinnae Cues

This approach explores geometric shapes, integrated into the helmet and protective muff design, which
show promise to convey signals to binaural microphones with direction-dependent spectral colorations,
thus simulating pinnae cues.

While at first glance the helmet’s function appears to be primarily ballistic protection, in fact it serves
both as a protection and a sensing platform. As such, the task of outfitting the helmet with acoustic
sensors requires a number of considerations across different disciplines. A subset of these issues is
presented here.

-Acoustic Characteristics
Just as a helmet affects the sounds heard inside the helmet, it also effects how sound is filtered near the
outside surface of the helmet, where microphones are likely to be placed. As such, the basic form of the
helmet, and all associated gear mounted to it, changes the basic acoustic field that is detected by the
microphones. When coupled with microphone placement, these effects can be good: simplify processing
and augment hearing, or can be bad: occlude acoustic information that cannot be recovered, or increase
the computational signal processing requirements.

It is useful to note that there are two basic levels on which form design and exploration is key.
Macro(form), which considers the overall shape of the resultant helmet design, and Micro(form) which
considers the acoustic cavities that might be employed to cradle individual microphones and generate

spatial cues.

Aesthetic Considerations

Physical forms which anthropomorphically resemble humans, run an aesthetic risk of becoming
caricatures of the human features they resemble. The mechanical modifications made to the helmet must
be such that the user will be proud to wear it.

Shape Singularities

The helmet will be used in adverse environments where it will be subjected to obstacles that can snag
(like twigs or brush) or to liquids (like water or chemical coverings). A well-designed helmet will not
snag or collect debris in any number of adverse environments.

Human Factors

Stability, fit and comfort must not be negatively affected by the modifications made for acoustic
considerations. An obvious concern is the addition of mass or the relocation of the helmet’s center of
mass, with particular attention paid to rotational moments of inertia [110]. Another critical concern is
heat and perspiration dissipation, as the ears are cooling radiators for an overheated human.

Modularity

The helmet is generally a modular protection and sensor package. As such, any new mechanical designs
must be optimized so as not to overly reduce the ability of the helmet to be outfitted with different types
of sensor and protection devices. For example, perhaps a microphone will need to be covered to allow the
helmet to accept a new sensor or processing module.

As an example of this exploration, Figure 12 shows the Natick “Scorpion R2” helmet design. This helmet
design has received some accolades for “looking cool” as well as providing adequate function. The design
features many direction-dependent crevasses that lend themselves to being leveraged or modified to
provide the effects of human pinnae and conchae.
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— Arrows point to
potential locations where
direction-dependent
resonances may be captured
by a well-placed microphone.

Figure 12: Natick “Scorpion R2” helmet design.

This approach provides the advantage of minimal processing cost, while still delivering some spatial cues
with a desirable aesthetic. The potential disadvantage is that the spatial cues might be non-optimal. This
approach may not lend itself well to future supernormal listening capabilities.

3.2.2.5 Pinna-Simulating Clustered Array

The simulated-pinnae approach is another generalization of the binaural-microphone approach. Instead of
using a physical structure to duplicate the pinnae localization cues, however, this approach attempts to
duplicate the pinnae cues using microphone array processing. It operates by replacing the binaural
microphone pair with two small clusters of microphones (e.g., 2-4 mics per cluster) located near the left
and right ears of the soldier. Localization cues are provided by a combination of microphone-cluster
placement on either side of the head (binaural cues) and array processing (pinnae cues). As stated above,
the placement of the simulated-pinnae microphone clusters is selected to approximate the desired HRTF
binaural cues. The simulated pinna microphone-array processing designs concentrate on reproducing the
magnitude response of the monaural spectral pinna cues. The augmentation of binaural cues with
magnitude-response pinnae cues should provide enhanced localization cues and should increase the
transparency of the system. Since the left and right ear processing are identical, the following discussion
presents the simulated pinnae system for a single ear.
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Array Processing
For Pinna Effects
Filter Set = (W, (1)}

Figure 13: Diagram showing the Simulated Pinna System. Independent microphone arrays
located at each ear provide pinna localization cues. Positioning the arrays on either side of
the head provides binaural localization cues.

General Optimization Simulated-Pinnae Systems

Figure 13 depicts the basic idea behind using an arbitrary microphone array system to generate the pinna
cues for a single ear. As discussed in Appendix A, an M -microphone array system has a directional
response that is governed by the combination of microphone placement and microphone-array filter
selection. Specifically, the directional response:

G(f.0.9)=D H,(f.0.9)W, (/). (4)

m=1

where H,,(f,0,8)is the transfer function from a source at (8,#) to the m* microphone and W.(f)is
the filter applied to the m” microphone signal. The microphone array can then be used to simulate pinna

cues by selecting array-processing filters so that G(f,6, ) is as close as possible to the desired
directional pinna response.
For a given set of microphone locations, the process of selecting the filter set {#, ()} to yield the
desired G(f,6,9) is conceptually straightforward, since the dependence of G(f,8,#) upon W, (N}
is very explicit. Given the measured {H,,(f,0,4)} and a desired pinna directional response P(f,8,4),
the most direct method to choose {,,(f)} is to minimize the squared error between G(f,6,¢#) and
P(f,6,9) over the location set of interest. This results in the Least Squared Error (LSE) solution:
(N =argmin 3 w,.(f.6,)|G(1,6,4)- P(f.0.9)[, (5)

Wul} (8.,6)

where a location-dependent weighting term w(f,6,#) has been included so that the array directional

response can be made more accurate for higher-importance spectral features such as the elevation-
dependent notches evident in most HRTFs. Note that both G(f,8,4) and P(f,8,8) are complex

valued and that the error in this solution is a complex-distance error and accounts for both magnitude and
phase.

The main advantage of the LSE solution {/¥,,(f)},. lies in the fact that it has a simple, closed-form
solution at each frequency for a discrete set of locations (&,4) . Once {W, ()}, has been determined
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at each frequency, FIR approximations can be determined and a system can be designed. The main
disadvantage with this solution is that its error definition tends to be too general. As stated above, the
simulated-pinnae systems should be designed to reproduce the magnitude response of the pinna spectral
cues. The LSE error definition tries to match both the magnitude and phase of the desired pinna cues.
The inclusion of phase information in this optimization can significantly alter and limit the ability of the
LSE approach to match the pinna magnitude response.

For this reason, an alternative simulated-pinnae design method focuses on the preservation of only the
pinna-cue magnitude response. In the Least Square Magnitude Error (LSM) solution, the set {W,, ()} is
chosen to minimize the squared error between 20log | G(f,8,¢)| and 20log | P(f,0,4)| over the
location set of interest:

(N} = argmin Y. w,,,(f.60,6)20log| G(f,6,4)| -20log| P(£.0.4) ),
A Rr)
(6)

where w_ (f,8,9), like w,,(f,8,4) in the LSE solution above, is a location-dependent weighting
term that emphasizes more important desired HRTF features.

Simplified Two-Microphone Delay-and-Sum Simulated Pinnae Systems

The LSE and LSM simulated pinnae optimizations outlined above are intended for generating pinna cues
from arbitrary microphone clusters. It is possible, however, to create somewhat simpler systems that still
preserve some significant features of the pinna magnitude response. Specifically, consider the elevation-
dependent notch evident in the desired HRTF magnitude response of Figure 14. Such a notch can be
generated simply and effectively using the two-microphone Delay-and-Sum simulated pinnae architecture
shown in Figure 15.

KEMAR HRTF, Azimuth = 0 degrees

Elevation (deg)

Figure 14: An example from the desired HRTF dataset, showing 10 elevations at 0 degrees
azimuth HRTF’s in magnitude spectral plot. This data was taken from KEMAR][S3].
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Figure 15: Architecture a two-microphone delay-and-sum simulated pinnae system.

To see how this notch is generated, consider two free-field microphones oriented vertically and spaced
dm apart. Given a source S(f) arriving to the lower microphone from an elevation ¢, then the top
microphone input is a time-advanced copy of the lower microphone input:

2 (s
S(f)el lf,mf,

where ¢ is the speed of sound. Delaying the upper microphone signal by 7sec and summing with the
lower signal leads to the intermediate result:

U(f)=S(f)1+&>/E¢91,

(7)
This signal exhibits a null at:
o |
b 2dsing—71)’
(8)

For d =0.01m and 7 =70 usec, this null occurs at 5918, 7143, 9008, and 11136 Hz for ¢ equal to -
30, 0, 30, and 60 degrees. This null variation with elevation mimics the null variation seen in the desired
HRTF shown in Figure 14.

This elevation-dependent null is only one major feature of the desired HRTF, however. The final output
of this simplified simulated-pinnae system is formed by passing U (/) through the filter W( f). This
filter is designed to account for the remaining desired HRTF features and is chosen in a manner similar to
that used in the LSM simulated pinnae optimization above. Specifically, U/(f) is regarded as the single-
microphone input to a simulated pinnae system and W (f) is the LSM filter from Equation ( 6 ) above
that minimizes the magnitude error between the system output ¥( /) and the desired HRTF.

Collective Simulated-Pinnae Notes

Simulated pinnae systems in this study use the preceding techniques to determine the microphone
placement and array-processing filters for each ear. The array configuration and processing filters are
determined at design time and will not be updated actively while the system is in use. As stated above,
the microphone array in this system is optimized primarily to generate appropriate pinna cues in the
outputs for each ear. The positioning of the left-ear and right-ear microphone arrays on either side of the
head provide the interaural time-delay and level difference cues that are also important in sound
localization.

The simulated-pinnae system has the following advantages. First, it uses no physical reflecting surface to
provide the simulated pinna cues. This means that there are essentially no aesthetic concerns over the

30 May 2003 rev(1.0)
32



Transparent Hearing Exploration

appearance of the systems, since the microphones in each cluster are easily concealed. Second, the
software-based nature of this system allows for great flexibility in the system design. The array-
processing filters can be potentially designed to approximate any HRTF’s — including generic HRTF’s
from a database, measured HRTF’s for the soldier actually using the system, or enhanced HRTF’s
designed to improve soldier performance.

3.2.2.6 Sound-Field Microphone

As stated previously, the goal of transparent hearing is to capture the sound-field arriving at the listener
and to accurately reproduce and present the sound to the listener’s ears (around obstacles such as
headgear and hearing protection) in a way that preserves location information and feels natural. By using
a sound-field microphone’, it is possible to capture the three-dimensional sound field and present it using
headphones to a listener. If it were possible to create a sound-field microphone on or around the helmet
or headphones, that sound-field could be converted to a binaural signal, thus giving the listener a natural
display of the sound-field that preserves direction information. In addition, virtual 3-D sources (such as
communications signals) can be efficiently encoded into Ambisonic B-format’ and mixed in with the
microphone signal. Therefore, it would not require any additional filtering resources to have a mixture of
virtual and actual sources presented to the listener.

Figure 16: An example sound-field microphone capsule.

Sensing a sound-field around an object

The sound-field microphone consists of four cardioid microphones mounted in a tetrahedron (see

Figure 16). Ideally, the microphones would be coincident, but since that is not possible they should be
mounted as close as possible. By using small electret microphone capsules, it is possible to make a
sound-field microphone that would be between %" to 1” in diameter. The further apart the microphones
are, the less accurate the captured sound field will be. In addition, sound-field microphones are designed
to work in the free field. These restraints make it difficult to have an accurate sound-field capture at the
listener. Several possibilities were explored:

e Designing a sound-field microphone around the head. If possible, this could capture the
sound field arriving at the head. However, it is likely that the necessary distance to the
capsules would make the error too large to do this with just 4 microphones. It might be
possible with a larger number of microphones, but much of the simplicity of Ambisonics
would be lost.

Placing a sound-field microphone on the top of the head. This would have good performance
for sounds that are not close up. Near-field sounds would be distorted, because of the
difference in height between the center of the head and the top of the head. In addition, there

5 A brief overview of sound-field microphones and Ambisonic theory is given in Appendix B.
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would be a shadowing of sounds coming from below and a possible reflection of sounds
coming from above off the helmet that would make them sound like they were coming from
below.

¢ Placing a sound-field microphone at each ear. This has the advantage of generating a much
more accurate sound-field to each ear since the sound field very far from the captured
location would not be extrapolated. It has the disadvantage of requiring twice the number of
channels, and does not support rotating the sound-field after capturing the sound®. It might be
possible to reduce the number of microphones needed to three per ear instead of four by
orienting the tetrahedron such that one side is flat against the helmet, and making the
assumption that the microphone that should be there is totally occluded by the helmet.

After the microphones are built and mounted on the helmet, it is necessary to convert the microphone
signals into B-Format. For a tetrahedral sound-field microphone, label the four microphones Lb, Lf, Rb,
and Rf, depending on their Left, Right, front and back orientations as shown in Figure 16. If the 4
microphone capsules are exactly coincident, then the conversion is the simple linear combinations [98]:

W=Lf+Rb+Rf+Lb
X=Lf-Rb+Rf-Lb
Y=Lf-Rb-Rf+Lb
Z=Lf+Rb-Rf-Lb (9)

However, since the microphone capsules cannot overlap and must be offset slightly from each other, the
conversion must be corrected for this separation. This can be accomplished by measuring the impulse
response of the microphones in different directions, and setting up a system of linear-filtering equations
that can be solved with least-squares or other numerical methods. For example, the B-Format signals
could be formed using linearly-filtered additive combinations of the four sound-field microphone signals
[98]:

W =h1w®Lf + h2w®Rb + h3w®Rf + hdw®Lb
X = h1x®Lf+ h2x®Rb + h3x®Rf + h4x®Lb
Y = h1y®Lf+ h2y®Rb + h3y®Rf + hdy®Lb
Z =h1z®Lf + h2z®Rb + h3z®Rf + hdz®Lb (10)

Note: since this approach does not require specific microphone geometry, one benefit is that it could
create B-format signals from any arbitrary microphone array and not just from a sound-field microphone.
Additionally, this approach accounts for the differences in microphone capsule responses, which makes it
less critical to find perfectly matched microphone capsules.

After the A-format from the microphones is converted to B-format, the next step is to decode the B-
format signal. There are two approaches towards creating “Binaural B-Format”. One is to use
conventional Ambisonic decoding for a speaker array and then render that array with “virtual speakers”
inside a simulated environment [88][132]. To get good spherical coverage, at least 12 virtual speakers
should be employed, possibly arranged in an icosahedron or other regular polygon. Alternatively, it is
possible to convert from B-format to binaural by projecting the spherical harmonic basis set onto the
HRTF data set [43].

Microphone Array to HRTF Transfer Functions
Ultimately, the goal is to transcode from the microphone inputs to the two channels of a binaural mix.
While B-format is a useful intermediate representation that allows for some efficient manipulations of the

® The rotation is only useful for spatially-rendering the sound-field to remote listeners.
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sound-field (rotation in particular), future work should explore the design of a more efficient and accurate
transformation that bypasses B-format. The goal of such an alternative transformation is to find a set of
filters that optimally converts a set of microphone signals so that they exhibit the desired HRTF
responses. In the case of a sound-field microphone, left and right output is formed by applying left and
right sets of filters to the sound-field microphone signals and summing the results:

L=hl,®Lf+ hl,®Rb + hl;®Rf + hL,®Lb
R=hr;®Lf + hr,®Rb + hr;®Rf + hr,®Lb (.11 )
More generally, given an arbitrary set of microphones M, , the left and right outputs would be:

L=)hl,®M,
R=)h,®M, (12)

The filters A/, and hl, are determined by measuring the microphone input responses from several

different directions using a least-squares approach to determine the filters that most effectively convert
the microphone signals into the desired measured HRTF responses for those directions. The least-squares
optimization could also include regularization, which employs frequency dependent weighting in the
optimization [131][74]. This regularization produces a more optimal solution by applying heavier weight
to frequency bands that are known to be more accurately measured and known to be most important to the
sound localization.

3.2.2.7 General Microphone Array

The general microphone array approach is similar to the simulated pinnae approach described above and
the distributed array described later in that it uses an array of microphones to generate the HRTF cues.
The important differing factor from the simulated pinnae approach is its use of one single large array to
generate both the left and the right output signals of the system. Recall the simulated pinnae system uses
two, small, independent arrays to produce the left and right ear outputs separately. In contrast to both the
distributed array and the simulated pinnae, this approach does not depend on specific physical
microphone placement for cue preservation. In addition, the binaural systems all use the presence of the
head to provide the desired binaural time and level difference localization cues, while depending on other
independent means (model pinnae, model conchae, clusters of microphones,...) to generate the spectral
pinna localization cues. Because general microphone array systems use a single array to generate both
output signals, care must be taken to preserve both binaural and spectral HRTF cues. Figure 17 shows the
basic structure of the general microphone array architecture. For this system, several microphones are
mounted throughout the assembly. All microphones are passed to two separate array-processing systems
that generate the left and the right ear signals, respectively.
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Right Ear Array Processing
Filter Set = {Wp . (f)}

Left Ear Array Processing
Filter Set = {WL’m )}

Figure 17: Diagram depicting the General Microphone Array approach. A microphone
array distributed over the helmet is used to synthesize approximate HRTF’s. The system is
designed to generate both pinna and binaural localization cues.

The goals of preserving the binaural and spectral HRTF cues can be difficult to meet simultaneously, thus
the general microphone array systems developed in this work separate the two goals. Binaural cues (in
particular interaural time differences) are typically most important at low and mid frequencies, while
spectral cues (such as notches) are most important at high frequencies. Given this knowledge, the general
microphone array systems developed in this work concentrate on binaural cue preservation at frequencies
below 4kHz and on spectral cue preservation at frequencies above 4kHz.

Binaural Cue Preservation

Binaural cues are preserved by identifying two reference microphones, one ‘left’ and one ‘right’, from the
array based upon their proximity to the true ear locations. This selection of microphones ensures that the
inter-microphone time and level differences are similar to the natural interaural ones. These left and right
reference microphones are then treated as single-microphone simulated pinnae systems. Microphone

filters W, ;. (f) and W, . (f), are generated based on

M
Equation (6 )G, (f,6,¢4) = ZHm(f,0,¢)kamw(f) ;5 (13 ) above to equalize the average
m=1
microphone magnitude responses to the desired left and right HRTF magnitude responses.
Spectral Cue Preservation

Spectral cues are preserved by using the entire array to generate two outputs that minimize the error
between the left and right HRTF responses. Given left and right array processing filter banks,

{WL’_ i (f)} and {¥, p (f)}, and using the array-processing concepts put forward in Appendix A,

it is possible to express the left and right directional responses of the array as functions of the array filters
and source location:

G.(f.0.8)=3 H,(f.0.8W,,..(f),

Gu(f.0,9)= H,(f.6,8)W,,...(), (13)

m=1
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where the H,_ (f,60,¢) are the measured (and time-invariant) source-to-microphone frequency responses
as functions of frequency and location. Given G,(f,8,¢) and G,(f,0,¢) and the desired HRTF
values P,(f,0,¢) and P(f,0,9), the most straightforward way to match the spectral cues in the
desired HRTF is to select {W, , . (f)} and {W,, . (f)} to minimize the squared error between these
values over the location set of interest. This results in the general microphone array interpretation of the
simulated-pinna least squared error (LSE) solution presented in Equation (5) above:

g ) W mspee (Nise = argmin > wig, (f,6,9)1G,(f,6,4)-F,(f.6,9)

{Wl.m(f ) (6.6)

+Wiger (f,0,9)|Gp(f,0,8)-F(f,0,0) |2,
(14)
where w, g, (f,0,9) and w, g . (f,6,4) are location-dependent weighting terms that serve to enhance
important spectral cues in the optimization.
As with the simulated-pinnae LSE solution, the main advantage of the general microphone array LSE

solution lies in the fact that it has a simple, closed-form solution at each frequency for a discrete set of
locations (&, #) .- The main disadvantage with this solution is that its error definition tends to be too

general, since it attempts to preserve both the magnitude and phase of the desired HRTF. Spectral cues
require preservation of only the magnitude response of the desired HRTF. While it is possible to
formulate a general microphone array interpretation of the simulated-pinna least squared magnitude
(LSM) approach described in Equation ( 6 ) above, practical experience has shown that this optimization
does not converge well for systems with more than 4 microphones. Since most general microphone array
systems consist of more than 4 microphones, a general microphone array LSM solution is not considered
in this research.

Once WL‘bh(f) s WX )s {WL'MMU)} , and {kamm(f)} have been determined, the final general

microphone array filters are generated by applying W, Lo () and W, . (f) to the appropriate lowpass-

filtered left and right reference microphones and adding these results to the highpass-filtered
W, mspec ()} s and (W, . (f)} outputs from the entire array. This leads to final left and right ear

system filters of:
LPF(f )W, g () + HPF(/)W, 4 e (f),  m =L/ R reference mics,
I-IPF(_f)WL/R,m,lpec (f)! 0themise9

W ()= {

(15)
where LPF(f) and HPF(f) are lowpass and highpass filters with cutoffs at 4kHz.

General Microphone Array Notes

As with the simulated-pinna, sound-field microphone, and distributed array systems, the microphone
configuration and the array-processing filter sets for the general-array system are determined at design
time and are not updated (non-adaptive) while the system is in use.

Assuming a reasonable optimization can be found, this approach has advantages similar to those of the
simulated pinna systems: specifically, concealed microphones do not violate any aesthetic constraint that
might exist for the system, and software-based processing allows for the customization of the system
directional response to approximate any HRTF's (generic, custom-measured, or enhanced). The general
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microphone array system has additional advantages of microphone placement flexibility, since specific
placement is not required, and extensions to super-normal listening capabilities.

3.2.2.8 Distributed Array with 3D Processing

From the body of knowledge surrounding spatial cue synthesis, it is known that from each bearing of
sound arrival to a listener, there is a distinctive head-related transfer function which transforms the sound
from a free-field wave to respective binaural signals entering the left and right ear canals. This simple
relationship can be mapped to the whole sphere around the listener using superposition of the linear
system. The theory, however, is true for the limit of infinitely separating each incidence of sound wave
direction, but is an approximation for less than the limit. Further, the theory assumes a means of
independently and exclusively sensing each incident direction. Still, these collective approximations may
be psycho-acoustically better than the approximations of other approaches.

The major obvious drawback/tradeoff of this approach is expense. It requires significantly more

* microphones than any other alternative approach under consideration in this project. It requires fixed-
filter HRTF processing, which, although computationally an order of magnitude cheaper than interactive
HRTF processing, is very processor intensive. The microphones are distributed evenly over the entire
surface of the helmet in a polyhedral pattern, leaving little, if any, place to attach helmet accessories
without disturbing the sensor array’s performance. Basic filtering can compensate for invariant
disturbances of known accessory configurations. But this is again more expense in processing.

Simple microphones are generally more omni than directional. Each microphone, augmented by well-
designed acoustic coupling, can have a principal directionality, but will not provide flat direction
exclusivity. Psycho-acousticzlly, this flaw across an array of microphones responding to the same
stimulus can result in a blurring of the perceived direction. The microphone directionality can be
sharpened by using array processing techniques (beam-forming) with neighboring microphones. Again,
this is yet more expense from additional processing.

In summary, if expense was not a factor, this approach yields excellent transparent performance and
provides an optimal platform for supernormal listening. It is a brute-force approach akin to the sensors
coating a fly’s eye. This approach differs from the general microphone array in that it requires directional
coverage (distribution) with the microphone and thus promotes assumptions that circumvent optimization
steps for filter design.
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4 Methods and Implementation

This section describes the specific systems evaluated in this study, the methods for design, how they were
implemented, and the means by which their performance was measured.

4.1 Theoretical and Numerical Modeling

Before physical implementation of the approaches described in the previous section, many were studied
theoretically to determine a preliminary evaluation of their respective levels of effectiveness in achieving
the goal of maximal acoustic transparency and to guide in the initial selection of parameters for physical
prototyping. The original proposal for this study had prospected that numerical modeling tools could be
used in the theoretical analysis, yielding usable results for both this exploration and f<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>